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(57) ABSTRACT 

A speech coding apparatus including a perceptual linear pre 
diction (plp) analysis buffer con?gured to output a pitch 
period With respect to an original input speech signal and to 
analyze the input speech signal using a plp process to output 
a plp coe?icient, an excitation signal generator con?gured to 
generate and output an excitation signal, a pitch synthesis 
?lter con?gured to synthesize the pitch period output from the 
plp analysis buffer and the excitation signal output from the 
excitation signal generator, a spectral envelop ?lter con?g 
ured to apply the plp coe?icient output from the plp analysis 
buffer to an output of the pitch synthesis ?lter to output a 
synthesized speech signal, an adder con?gured to subtract the 
synthesized signal output from the spectral envelope ?lter 
from the original input speech signal output from the plp 
analysis buffer and to output a difference signal, a perceptual 
Weighting ?lter con?gured to calculate an error by providing 
a Weight value corresponding to a consideration of a person’ s 
auditory effect to the difference signal output from the adder, 
and a minimum error calculator con?gured to discover an 
excitation signal having a minimum error corresponding to 
the error output from the perceptual Weighting ?lter. 

CN 1159044 A 9/1997 
EP 0 852 375 7/1998 4 Claims, 4 Drawing Sheets 
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SPEECH CODING APPARATUS WITH 
PERCEPTUAL WEIGHTING AND METHOD 

THEREFOR 

This application claims priority to KoreanApplication No. 
10-2004-010577 ?led in Korea on Dec. 14, 2004, the entire 
contents of Which is incorporated by reference in its entirety. 

BACKGROUND OF THE INVENTION 

1. Field of the Invention 
The present invention relates to a speech coding method 

and apparatus that uses a perceptual linear prediction (PLP) 
and an analysis-by-synthesis method to code/ decode speech 
data. 

2. Description of the Related Art 
Speech processing systems include communication sys 

tems in Which speech data is processed and transmitted 
betWeen different users, etc. Speech processing systems also 
include equipment such as a digital audio tape recorder in 
Which speech data is processed and stored in the recorder. The 
speech data is compressed (coded) and decompressed (de 
coded) using a variety of methods. 

Various speech coders have been designed for voice com 
munication in the related art. In particular, a linear prediction 
analysis-by-synthesis (LPAS) coderbased a linear prediction. 
(LP) method is used in digital communication systems. The 
analysis-by-synthesis process refers to extracting character 
istic coe?icients of speech from a speech signal and regener 
ating the speech from the extracted characteristic coe?icients. 

Further, the LPAS coder uses a technique based on a code 
excited linear prediction (CELP) process. For example, the 
ITU-T (International Telecommunication Union-Telecom 
munication Standardization Sector) has de?ned several 
CELP speci?cations such as the G.723.l, G.728, G.729, etc. 
Other organizations have designated various CELP speci? 
cations, and thus there are several available speci?cations. 

The CELP uses a codebook including M-numbered (gen 
erally, M:l024) code vectors that are different from each 
other. Then, an index of a codeWord corresponding to an 
optimum code vector having the least recognition error 
betWeen an original sound and a synthesized sound is trans 
mitted to another entity. The other entity also includes the 
same codebook, and using the transmitted index, regenerates 
the original signal. Thus, because the index is transmitted 
rather than the entire speech segment, the speech data is 
compressed. 

The transmission speed of the CELP speech coder is gen 
erally in the range of 4~8kbps. Thus, it is dif?cult to quantize 
or code a time varying coef?cient that is under 1 kbps. Fur 
ther, a quantizing error of the coef?cient causes degradation 
in the regenerated tone quality. Therefore, instead of using a 
scalar quantizer, a vector quantizer is used to code the coef 
?cient at a loW transmission speed. Accordingly, the quantiz 
ing error can be minimized thereby alloWing for a more ?ne 
tone regeneration. 

Further, because the entire codebook is searched for the 
best coe?icient, an e?icient codebook search algorithm is 
used for real-time processing. For example, a Vector Sum 
Excited Linear Prediction (V SELP) speech coder developed 
by Motorola uses a search algorithm including a schematic 
codebook formed by a linear combination of several numbers 
of basic vectors. This algorithm reduces a channel error in 
comparison With a typical CELP using a random number 
codebook. The VSELP method also reduces an amount of 
memory required for storing the codebook. 
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2 
HoWever, When the LPAS coder uses the related art analy 

sis-by synthesis methods such as the CELP and the VSELP, a 
person’s auditory effect or hearing is not considered When 
extracting a coe?icient of an input speech signal. Rather, the 
analysis-by-synthesis method only considers the characteris 
tics of speech When extracting a characteristic coe?icient. 
Further, because the auditory effect of a person is only con 
sidered When calculating an error of the original signal, the 
recovered tone quality and a transmission rate is disadvanta 
geously degraded. 

SUMMARY OF THE INVENTION 

Accordingly, one object of the present invention is to 
address the above noted and other problems. 

Another object of the present invention is to provide a 
speech coding apparatus and a method that takes into consid 
eration a person’s auditory effect by using a perceptual linear 
prediction and an analysis-by-synthesis method. 

To achieve these and other advantages and in accordance 
With the purpose of the present invention, as embodied and 
broadly described herein, the present invention provides a 
novel speech coding apparatus. The apparatus according to 
one aspect of the present invention includes a speech coding 
apparatus having a perceptual linear prediction (plp) analysis 
buffer con?gured to output a pitch period With respect to an 
original input speech signal and to analyze the input speech 
signal using a plp process to output a plp coef?cient, an 
excitation signal generator con?gured to generate and output 
an excitation signal, a pitch synthesis ?lter con?gured to 
synthesize the pitch period output from the plp analysis buffer 
and the excitation signal output from the excitation signal 
generator, a spectral envelop ?lter con?gured to apply the plp 
coe?icient output from the plp analysis buffer to an output of 
the pitch synthesis ?lter to output a synthesized speech signal, 
an adder con?gured to subtract the synthesized signal output 
from the spectral envelope ?lter from the original input 
speech signal output from the plp analysis buffer and to 
output a difference signal, a perceptual Weighting ?lter con 
?gured to calculate an error by providing a Weight value 
corresponding to a consideration of a person’s auditory effect 
to the difference signal output from the adder, and a minimum 
error calculator con?gured to discover an excitation signal 
having a minimum error corresponding to the error output 
from the perceptual Weighting ?lter. According to another 
aspect, the present invention provides a speech coding 
method including outputting a pitch period With respect to an 
original input speech signal and analyzing the input speech 
signal using a perceptual linear prediction (plp) process to 
output a plp coe?icient, generating and outputting an excita 
tion signal, synthesizing the output pitch period and the exci 
tation signal and outputting a ?rst synthesized signal, apply 
ing the output plp coef?cient to the ?rst synthesized signal to 
output a second synthesized signal, subtracting the second 
synthesized signal from the original input speech signal and 
outputting a difference signal, calculating an error by provid 
ing a Weight value corresponding to a consideration of a 
person’s auditory effect to the output difference signal, and 
discovering an excitation signal having a minimum error 
corresponding to the calculated error. 

Further scope of applicability of the present invention Will 
become apparent from the detailed description given herein 
after. HoWever, it should be understood that the detailed 
description and speci?c examples, While indicating preferred 
embodiments of the invention, are given by illustration only, 
since various changes and modi?cations Within the spirit and 
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scope of the invention Will become apparent to those skilled in 
the art from this detailed description. 

BRIEF DESCRIPTION OF THE DRAWINGS 

The present invention Will become more fully understood 
from the detailed description given hereinbeloW and the 
accompanying drawings, Which are given by illustration only, 
and thus are not limitative of the present invention, and 
Wherein: 

FIG. 1 is a ?owchart shoWing a method for obtaining a 
perceptual linear prediction (PLP) coe?icient in accordance 
With one embodiment of the present invention; 

FIG. 2 is a diagram shoWing a frequency bandWidth verses 
a sampling rate according to a channel using a tree-structured 
non-uniform sub-band ?lter bank; 

FIG. 3 is a block diagram of a speech coding apparatus in 
accordance With one embodiment of the present invention; 
and 

FIG. 4 is a ?oWchart shoWing a speech coding method in 
accordance With one embodiment of the present invention. 

DETAILED DESCRIPTION OF THE PREFERRED 
EMBODIMENTS 

Reference Will noW be made in detail to the preferred 
embodiments of the present invention, examples of Which are 
illustrated in the accompanying draWings. 

In the present invention, the auditory effect is considered 
by using a perceptual linear prediction (PLP) method, Which 
improves the recovered tone quality and the transmission rate 
of the coding apparatus. In more detail, FIG. 1 illustrates the 
PLP method in accordance With one embodiment of the 
present invention. 
As shoWn in FIG. 1, a fast Fourier transform (FFT) process 

is performed on an input speech signal to thereby disperse the 
input signal (step S110). The FFT process is an algorithm 
used to increase the calculating speed e?iciency by using the 
periodicity of the trigonometric function in calculating a dis 
persion fourier transform, Which performs a calculation by 
simply dispersing the fourier transform. In other Words, the 
fast fourier transform uses the term e(_¢2“role/N)(k:0~N—l), 
Which is produced When the dispersion Fourier transform is 
not completely performed, and omits a calculation for a term 
having the same value to a term pre-calculated by using the 
periodicity, thereby reducing the amount of required calcula 
tions. 

After completing the fast fourier transform process, a criti 
cal-band integration and re-sampling process is performed 
(step S120). This process is used for applying a person’s 
recognition effect based on a frequency band of a signal to the 
dispersed signal. In more detail, the critical-band integration 
process transforms a poWer spectrum of the input speech 
signal from a hertZ frequency domain into a bark frequency 
domain using a bark scale, for example. The bark scale is 
de?ned by the folloWing equation: 

Further, the ?lter bank used for the critical-band integration 
process is preferably a tree-structured non-uniform sub-band 
?lter bank for completely recovering an original signal. In 
more detail, FIG. 2 is a diagram shoWing a shape of a fre 
quency band in Which a sampling rate is split differently 
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4 
according to a channel using a tree-structured non-uniform 
sub-band ?lter bank. As shoWn in FIG. 2, the loWer frequency 
domain Where a person can hear or recogniZe sounds is split 
more ?nely than a high frequency domain Where a person 
does not recogniZe or hear sounds. Further, the loWer fre 
quency domain is sampled to thereby consider the auditory 
characteristics of a person. According to the critical-band 
integration and re-sampling, a signal can be obtained, for 
Which a frequency variation for the loW frequency is empha 
siZed and the frequency variation for the high frequency is 
reduced. 

Then, as shoWn in FIG. 1, an equal loudness curve is 
multiplied by a frequency element Which has passed through 
the critical-band integration and re-sampling process (step 
S130). The equal loudness curve is a curve shoWing a relation 
betWeen a frequency and a sound pressure level of a pure tone 
heard in the same volume. That is, depending on an auditory 
characteristic on hoW a person estimates a volume of a sound 
in each frequency bandWidth, the equal loudness curve illus 
trates a reaction of the person’s hearing With respect to an 
overall audio frequency bandWidth of 20 HZ to 20,000 HZ. 
The equal loudness curve is referred to as a Flecture & Mun 
son curve. 

Further, after the equal loudness curve has been applied, a 
“poWer laW of hearing” process is applied (step S140). The 
poWer laW of hearing process mathematically describes the 
fact that a person’s auditory sense is sensitive to a sound 
Which is getting louder but is tolerant to a loud sound Which 
is getting far louder. The process is obtained by multiplying 
an ab solute value of a frequency element by the square of one 
third. 

After the above processes are performed, an inverse dis 
crete fourier transform (IDFT) process is performed With 
respect to a signal to Which a person’s auditory characteristic 
is re?ected. That is, a Weight indicating the person’s auditory 
characteristic is re?ected to transform a frequency domain 
signal back into the time domain signal (step S150). After the 
IDFT process, a linear equation solution is obtained (step 
S160). Here, a durbin recursion process used in a linear pre 
diction coef?cient analysis can be used to solve the linear 
equation. The durbin recursion process uses less operations 
than other processes. 

Next in step S170, a cepstral recursion process is per 
formed on the solution of the linear equation to thereby to 
obtain a cepstral coe?icient. The cepstral recursion process is 
used to obtain a spectrally smoothed ?lter, and thus is more 
advantageous than using the linear prediction coe?icient pro 
cess. 

In addition, one type of the obtained cepstral coe?icient is 
referred to as a PLP feature. Also, because modeling Was 
performed during the process for obtaining the PLP feature in 
consideration of various auditory effects of people, a consid 
erably higher recognition rate is achieved using the PLP fea 
ture in speech recognition. 

Turning noW to FIG. 3, Which is a block diagram of a 
speech coding apparatus in accordance With one embodiment 
of the present invention. As shoWn in FIG. 3, the speech 
coding apparatus includes a PLP analysis buffer 310 for buff 
ering and outputting an input speech sample, outputting a 
pitch period for the input speech sample, and PLP-analyzing 
the input speech sample to output a PLP coe?icient. Also 
include is an excitation signal generator 320 for generating 
and outputting an excitation signal; a pitch synthesis ?lter 330 
for synthesiZing the pitch period output from the PLP analysis 
buffer 310 and the excitation signal output from the excitation 
signal generator 320, and for outputting a pitch synthesiZed 
signal; and a spectral envelope ?lter 340 for outputting a 
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synthesized speech signal by applying the PLP coef?cient 
output from the PLP analysis buffer 310 to the pitch synthe 
siZed signal output from the pitch synthesis ?lter 330. 

Further included is an adder 350 for subtracting the syn 
thesiZed speech signal output from the spectral envelope ?lter 
340 from the original speech signal input from the PLP analy 
sis buffer 310; a perceptual Weighting ?lter 360 for providing 
a Weight in consideration of a person’s auditory effect to the 
difference betWeen the original signal and the synthesiZed 
signal thereby to calculate an error characteristic of the sig 
nal; and a minimum error calculator 370 for determining an 
excitation signal having a minimum error. Further, the PLP 
analysis in the PLP analysis buffer 310 is performed using the 
procedure shoWn in FIG. 1. 

In addition, the excitation signal generator 320 includes an 
inner parameter such as a codebook index and a codebook 
gain of the codebook. Further, the excitation signal having the 
minimum error calculated in the minimum error calculator 
370 is searched from the codebook. Also, When transmitting 
a signal, the speech coding apparatus 300 transmits the pitch 
period, PLP coe?icient, codebook index and codebook gain 
corresponding the excitation signal having the minimum 
error. 

Turning next to FIG. 4, Which is a ?owchart shoWing a 
speech coding method in accordance With one embodiment of 
the present invention. As shoWn in FIG. 4, the pitch period and 
the PLP coe?icient are obtained from a speech sample of an 
original speech signal (step S410). The PLP coef?cient can be 
obtained using the procedure shoWn in FIG. 1. 

The excitation signal is then generated and synthesiZed 
With the pitch period (step S420). Next, the PLP coe?icient is 
applied to the signal obtained by synthesizing the excitation 
signal and the pitch period, thereby outputting a synthesiZed 
speech signal (step S430). Further, the excitation signal cor 
responds to a sound source generated by a person’s lung 
before it passes through a vocal tract of a person. At this time, 
by re-applying the PLP coef?cient thereto, the person’ s audi 
tory effect is re?ected considering the effect of the vocal tract, 
so the synthesiZed signal is similar to the original speech 
signal. 

Thereafter, the synthesiZed speech signal is subtracted 
from the original speech signal (step S440). Note that even 
though the synthesiZed signal is similar to the original speech 
signal, because the synthesiZed signal is arti?cially made, 
there may be a difference betWeen the synthesiZed signal and 
the original speech signal. By considering the difference ther 
ebetWeen, a precise speech signal that is hardly different from 
the original speech signal can be transmitted. 

In addition, an error is calculated by multiplying a Weight 
value in consideration of a person’s auditory effect to the 
difference betWeen the original signal and the synthesiZed 
signal (step S450). Note, the error is not calculated simply 
With respect to a frequency or volume of the signal but is 
calculated using the Weight value considering the auditory 
effect, thereby producing a voice that is directly heard. 

Afterwards, the excitation signal having the minimum 
error is discovered (step 460). Next, the pitch period, the PLP 
coe?icient, the codebook index and the codebook gain of the 
excitation signal having the minimum error are transmitted 
(step S470). Here, the speech is not transmitted but rather the 
codebook index, the codebook gain, the pitch period and the 
PLP coe?icient are transmitted so as to reduce an amount of 
transmission data. 
As stated so far, according to the speech coding apparatus 

and method of the present invention, the auditory effect of a 
person is applied to the procedures of extracting a parameter 
and calculating an error so as to improve an overall tone 
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6 
quality. Also, the perceptual linear prediction (PLP) method 
used in the present invention describes an overall spectrum of 
a speech using a loWer coef?cient than the linear prediction 
(LP) method so as to loWer a bitrate of data transmission. 

Further, it is also possible to apply the above methods to a 
CODEC (coder/ decoder). In this instance a receiver, namely, 
a decoder receives the pitch period, the PLP coe?icient, the 
codebook index and the codebook gain of the excitation sig 
nal having the minimum error transmitted from the coder. 
Thereafter, the decoder generates the excitation signal suit 
able for the received codebook index and the codebook gain 
to synthesiZe the pitch period. Then, the PLP coe?icient is 
applied thereto so as to recover the original speech signal. 
As the present invention may be embodied in several forms 

Without departing from the spirit or essential characteristics 
thereof, it should also be understood that the above-described 
embodiments are not limited by any of the details of the 
foregoing description, unless otherWise speci?ed, but rather 
should be construed broadly Within its spirit and scope as 
de?ned in the appended claims, and therefore all changes and 
modi?cations that fall Within the metes and bounds of the 
claims, or equivalence of such metes and bounds are therefore 
intended to be embraced by the appended claims. 

What is claimed is: 
1. A speech coding apparatus, comprising: 
a perceptual linear prediction (plp) analysis buffer con?g 

ured to output a pitch period With respect to an original 
input speech signal and to analyZe the input speech 
signal using a plp process to output a plp coef?cient; 

an excitation signal generator con?gured to generate and 
output an excitation signal; 

a pitch synthesis ?lter con?gured to synthesiZe the pitch 
period output from the plp analysis buffer and the exci 
tation signal output from the excitation signal generator; 

a spectral envelop ?lter con?gured to apply the plp coef? 
cient output from the plp analysis buffer to an output of 
the pitch synthesis ?lter so as to output a synthesiZed 
speech signal; 

an adder con?gured to subtract the synthesiZed signal out 
put from the spectral envelope ?lter from the original 
input speech signal output from the plp analysis buffer 
and to output a difference signal; 

a perceptual Weighting ?lter con?gured to calculate an 
error by providing a Weight value corresponding to a 
consideration of a person’s auditory effect to the differ 
ence signal output from the adder; and 

a minimum error calculator con?gured to discover an exci 
tation signal having a minimum error corresponding to 
the error output from the perceptual Weighting ?lter, 

Wherein the excitation signal generator includes a code 
book index and a codebook gain of a codebook, and said 
apparatus further comprises a searching unit con?gured 
to search the excitation signal having the minimum error 
from the codebook, 

the apparatus further comprising a transmitter con?gured 
to transmit the codebook index, the codebook gain, the 
pitch period and the plp coef?cient to an intended user. 

2. The apparatus of claim 1, further comprising: 
a fast Fourier transform unit con?gured to disperse the 

original input speech signal; 
a critical-band integration and re-sampling unit con?gured 

to apply a person’s recognition effect based on a fre 
quency band to the dispersed signal; 

a multiplier con?gured to multiply a frequency element 
passed through the critical-band integration and re-sam 
pling unit by an equal loudness curve; 
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a power laW of hearing unit con?gured to apply the per 
son’s recognition effect according to a variation of vol 
ume of sound to the equal loudness curve applied signal 
and to output the applied signal; 

an inverse discrete Fourier transform unit con?gured to 
obtain a linear equation in a time domain of the signal 
output from the poWer laW of hearing unit; and 

a cepstral coe?icient unit con?gured to solve the linear 
equation and apply the solved result to a cepstral recur 
sion process so as to obtain a cepstral coef?cient. 

3. A speech coding method, the method comprising: 
outputting a pitch period With respect to an original input 

speech signal and analyZing the input speech signal 
using a perceptual linear prediction (plp) process to out 
put a plp coe?icient; 

generating and outputting an excitation signal; 
synthesizing the output pitch period and the excitation 

signal and outputting a ?rst synthesized signal; 
applying the output plp coe?icient to the ?rst synthesiZed 

signal to output a second synthesiZed signal; 
subtracting the second synthesiZed signal from the original 

input speech signal and outputting a difference signal; 
calculating an error by providing a Weight value corre 

sponding to a consideration of a person’ s auditory effect 
to the output difference signal; 

discovering an excitation signal having a minimum error 
corresponding to the calculated error; 
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searching for the excitation signal having the minimum 

error from a codebook, Wherein the codebook includes a 
codebook index and a codebook gain of a codebook; and 

transmitting the codebook index, the codebook gain, the 
pitch period and the plp coef?cient to an intended user. 

4. The method of claim 3, Wherein obtaining the plp coef 
?cient comprises: 

dispersing the input speech signal using a fast Fourier 
transform; 

applying a person’s recognition effect based on a fre 
quency band to the dispersed signal using a critical-band 
integration and re-sampling process; 

multiplying a frequency element passed through the criti 
cal-band integration and re-sampling process by an 
equal loudness curve; 

applying the person’s recognition effect according to a 
variation of volume of sound to the equal loudness curve 
applied signal using a poWer of laW of hearing process 
and outputting the applied signal; 

obtaining a linear equation in a time domain of the output 
applied signal using an inverse discrete Fourier trans 
form; and 

solving the linear equation and applying the solved result to 
a cepstral recursion process so as to obtain a cepstral 
coe?icient. 


